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[57] ABSTRACT 

A zero-IF radio receiver eliminates DC offset without 
distortion or loss of the low-frequency and DC compo- 
nents of the received or desired signal by initially differ- 
entiating the received signal to filter out the DC offset. 
The signal is amplified to a suitable level and then inte- 
grated to recapture the original DC and low frequency 
signal components. The integration essentially restores 
the filtered components to the original value in the 
amplified signal using an arbitrary constant of integra- 
tion of bounded magnitude to generate a restored signal. 
Using various techniques that exploit predetermined 
signal patterns or inherent signal properties of the de- 
sired signal, the DC offset can be reasonably estimated. 
The DC offset estimate is then subtracted out of the 
restored signal leaving the amplified, received signal 
substantially free from distortion. An advantageous 
method for differentiating and digitizing the received, 
signal uses the technique of companded delta modula- 
tion. 
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.1 ... 2 

simplicity and reduced size of the zero-IF receiver are 

D.C. OFFSET COMPENSATION IN A RADIO lost. 

RECEIVER An alternative method ofovercoming DC offset from 

the IQ mixers may employ the technique variously 

FIELD OF THE INVENTION 5 called AC coupling, DC blocking, high-pass filtering or 

The present invention relates to radio receivers and differentiation to eliminate the standing or DC offset 

specifically to radio receivers of a zero intermediate voltage; The tradeK>ff with this method is the result that 

frequency (zero-IF) design. low-frequency components are lost or 

gravely distorted. This trade-off is unacceptable in digi- 

BACKGROUND OF THE INVENTION 10 tal transmission systems which use QPSK (Quadrature 

In the field of radio receivers, there has been a con- ^^^^ Keying) or MSK (Minimum Shift Keying) 

cchtraied effort to reduce the amount of tuned circuitry "^^^'i^t'on techniques. These modulation techniques 

used in the receivers. By reducing the number of tuned 5«°«J^<= *ow frequency components that must be prc- 

circuits, large portions of the receiver can be integrated j- i • j . » . ^ 

resulting in smaller receivers. These compact receivers Accordingly, it is desirable to provide a method of 

can then be used in many areas such as cellular tele- co^pensatrng for low frequency offset without losing 

phones. A major advance in the design of such receivers ^fortmg the DC and low-frequency components of 

is a technique known as the "zero-IF" technique. oesirea signal. 

According to theory, an IQ radio receiver can be SUMMARY OF THE INVENTION 

constructed according to FIG. 1, in which the radio *• , . *^ 

signal S from the antlnna 1 is ap^Ucd directly to two The presen inven . on relates to zero-IF 

balanced, quadrature mi«rs 2« 2t (mathematically- !?,iTA"tf, "^.f f^X '^f°?^ 

multiplying devices) where the signal is multiplied re- V^^^^^tl^XTi^.n^.f'^^''^^ 

spectively by a sine and cosine wave at the ca^er fre- °lS^?fi 

quency of signal S generated by a local oscillator 3. In L^S"?^^Jlv ^5 « 

this manner, the I-^hannel or m-phase signal and the !ZSf„riZS nr^^^^ I f 

Q-channel or quadrature signal are generatS. The mul- "^n^tt TSe^Son^ll^^^ 

ti«ii^a*i,N« J * • ' u *!. ponents. The mtegration essentially restores the filtered 

tiphcation devices yield outputs containing both sum components to their original values in the amplified 
^Z^cl^rr'"'' T"'^ Y"^"" difference fre- 3^ .ig^^^sing an arbitrar? constant of integration of 

n^S^r^rr ""'/r^ ^^^^ ^^^^^^^^ 6<^^«^^^^ ^ ^«tored si^ial. Using 

£™ former and accept the tecfcxiques that exploit predetermhied signal 

Irlnl'fiZ^ t ^"'^ components can then be sterns or inherent signal properties of the de^red 

To ^vl ct^Z A^fJ'l i^^'^^^^^'^^y signal, the DC offset be reasonably estimated. TTie 

P« f ,1 ;>f ^'r'^""'''^ " DC offset estimate is then subtracted out of the restored 

pi fiers. Essentially, Oie zero-IF receiver elimmates the ^ ^^5,^ ^^^.^^ ^^^^^^ 

intenin conversion to an mtermediate frequency by tially free from distortion. An advantageous method for 

con yertmg the mcommg signal directly to baseband m a differentiating and digitizing the received signal utilizes 

single operation. a companded, delta modulation technique. 

In practice, this so-called zero-IF approach is beset 40 
with a variety of practical problems, one of which con- BRIEF DESCRIPTION OF THE FIGURES 
cems the imperfection of the balanced mixers as com- piG. 1 is a simple block diagram showing a repdver 
pared to perfect mathematical multipliers. The most using the zero-IF technique- 
troublesome aspect of this imperfection is the genera- piGS. 2(a) and 2(6) arc block diagrams of zero-IF 
tion of a DC offset or standmg voltage that can be many 45 receivers of different embodiments of the invention; 
orders ofmagnitude greater than the desired signal.^ FIGS. 3(a)-3(e) show different embodiments of the 
low frequency amplifiers, which receive the mixer out- differentiation-integration portion of the zero-IF re- 
puts, can be forced into saturation by the large DC ceiver according to the invention; and 
ofRet long before the desired signal has been amplified FIGS. ^a)'-^d) are block diagrams illustrating the 
sufficiently. 50 delta modulation embodiments according to the inven- 

To avoid premature saturation, RF amplifiers can be tion. 
added ah^d of the mixers to raise the desired signal 

voltage level. Unfortunately, a common source of the DETAILED DESCRIPTION OF THE 

offset is leakage from the local sinusoidal oscillator back PREFERRED EMBODIMENTS 

to the antenna, producing coherent interference. As a 55 the present invention concerns the removal of an 

result, RF amplification is not a satisfactory solution unwanted DC offset voltage from a signal processing 

because the desired signal and coherent interference are channel while preserving the DC and low-frequency 

amplified equally. components of the signal to be processed. The invention 

Another proposed solution used in conventional su- is equally applicable to a single channel, to dual chan- 
perheterodyne radio receivers is partial amplification of 60 ncls of the type encountered in quadrature or (IQ) types 

the input signal at the original antenna frequency. The of radio receivers and to systems having more than two 

partially amplified signal is then converted to a convc- parallel processing channels. 

nient intermediate frequency (IF) for further ampHfica- The basic principle behind the invention is shown in 

tion before being applied to the balanced quadrature thefunctionalblockdiagramof FIG. 2(fl). For purposes 

mixers. In this situation, the locally generated sine and 65 of discussion only, FIG. 2{a) shows only one channel of 

cosine waves are at the IF rather than the antenna fre- a radio receiver, for example, the "I" channel of a dual 

quency, so leakage back to the antenna is of no conse- channel IQ receiver. It is iinderstood that the parallel 

quence. However, by adding IF tuning circuitry, the "Q" channel, as weU as additional parallel channels, 



02/20/2004, EAST Version: 1.4.1 



have similar hardware components. The signal received 
from the in-phase mixer is applied to a differentiating 
circuit 10 which removes the DC offset voltage. The 
difTerentiation circuit 10 also attenuates low frequency 
componenu of the desired signal, with respect to high 5 
frequency components, which distorts the nature of the 
signal. With the DC ofTset voltage removed, the desired 
signal is amplified in a low frequency amplifier 111 to 
usable levels without the premature amplifier saturation 
that occurs when such offsets are present. To restore 10 
the original nature of the signals, the output of the dif- 
ferentiating circuit is applied to an integrating circuit 12 
which performs the inverse operation of differentiation. 
The output of the integrating circuit 12 is referred to as 
the restored signal because it includes the amplified 15 
portion of the originally received signal as well as the 
low frequency and DC portions of the received signal 
(represented by the constant of integration). 

Once amplified and restored, the in-phase (I) and 
quadrature (Q) signals can be converted in an A-to-D 20 
converter 13 to digital form for further processing in a 
digital signal processor 14. Further processing can in- 
clude phase demodulation, amplitude demodulation, or 
frequency demodulation. In principle, these demodula- 
tion processes can be implemented using software tech- 25 
niques as can other more complex demodulation pro- 
cesses for hybrid AM/PM phase modulation signals 
such as 256 QAM (quadrature AM). 

Without a method to determine the starting value, an 
arbitrary constant of integration is used. In the case of 30 
signals having a definite start time, a known signal fea- 
ture, or a pattern embedded in the signal, the contents of 
the integration circuit are initially set to equal the 
known value. The integration circuit 12 can also be 
readily reset to zero by activating a reset control 12^. 35 
After reset, the very first value output from the integra- 
tion circuit 12 will be zero. In the situation where the 
actual value of the desired signal is zero initially, the 
output of the integration circuit 12 will be accurate 
from the start. At subsequent time periods, the differen- 40 
tiating and integrating operations cancel each other out. 

In situations where the initial desired signal value is a 
non-zero value, VO, the output from the integration 
circuit 12 will always be in error by a constant, (— VO). 
However, this error (— VO) is of the same order of 45 
magnitude as the desired signal. In contrast, the origi- 
nally input DC offset voltage may have been several 
orders of magnitude greater than the desired signal. 
Consequently, the differentiation/integration of the 
desired signal eliminates premature amplifier saturation 50 
by preserving the DC component of the signal at man- 
ageable voltage levels. 

Another preferred embodiment of the invention, 
shown in FIG. 2(t), concerns the removal of the offset 
(— VO) by estimating the offset and subtracting it from 55 
the restored signal. For example, an estimating circuit 
US computes the offset error (— VO) during a period in 
which the desired signal is executing a known, deliber- 
ately inserted pattern or waveform. Similarly, the esti- 
mating circuit 15 may determine the offset using some 60 
natural or inherent property of the desired signal. Spe- 
cific examples of how this estimation process takes 
place are set forth below. After estimation of the offset 
error, it is subtracted from the restored signal held in 
memory 16 in a subtracting circuit 17 to yield an error- 65 
free output signal. If the known portion of the desired 
signal does not occur at the beginning of the signal 
sequence, the known portion may be delayed or stored 
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in the memory device 16 until the offset estimate is 
available. 

Examples of both deliberately inserted patterns and 
inherent signal properties that facilitate the estimation 
of the offset are described below. 

(1) Deliberate signal pattern: In a single-channel sys- 
tem, signal sequences might be arranged to include a 
known pattern +V, -V, -t-V, —V , . . which ulti- 
mately has a mean of zero. The estimating circuit 15 
computes the mean of the restored signal over an even 
number of samples. Since the known mean is zero, the 
estimate of the offset (— VO) simply equals the com- 
puted mean. 

Indeed, any known pattern of changing signal volt- 
ages (vl, v2, v3, v4 . , , ) can be used by employing the 
well known least-squares curve fitting technique. If the 
scaling of the signal is unknown, represented by the 
constant (al) to be determined, the offset to be deter- 
mined is represented by aO. During the period of a 
known signal pattern, llie expected curve can be ex- 
pressed mathematically as: aO+al.vl; aO-|-al.v2; aO- 
-t-al.V3 • « . Instead, the signals actually observed are 
(ul, u2, n3 . • • )• By solving the equations: 

<K)-»-ol.vl = ul 
aO+ol.v2=if3 

for the unknowns aO and al, with (vl, v2, v3 . . . ) and 
(ul, u2, u3 • . • ) being known, acceptable estimates of 
(aO) and (al) may be obtained. Such a solution may be 
implemented using the digital signal processor 14 if the 
signal to be processed has first been digitized by means 
of the A-to-D converter 13. Because the coefficients of 
the equations, (vl, vZ v3 . . . ) are known and fued a 
priori, a coefficient matrix can be generated, inverted, 
stored, and used to solve for unknowns (aO), and (al). 
The inverse of a non-square coefficient matrix T of the 
type encountered in least-squares solutions is given by: 

Where f) signifies conjugate transpose. 

Similar to the single-channel system, in two-channel 
systems, such as the zcro-IF or IQ receivers, the delib- 
erate pattern used to estimate the offsets in the two 
channels can take the form of a sequence of predeter- 
mined complex numbers. The unknown scaling factor, 
(al), a real number in the single channel example, be- 
comes a complex one, (cl). A complex scaling factor 
cl) accounts for both an arbitrary amplitude scaling and 
arbitrary phase shift in transmission. Likewise, the two 
offsets to be determined, (aO) in the I channel and (bO) in 
the Q channel, can be regarded as a single complex 
vector offset. cO=(aO-|-jbO), where (aO) is a real vector 
component and (bO) is an imaginary vector component. 
The same equations as described above for least-square 
estimation can be utilized with the exception that all 
quantities are complex vectors. Such equations can also 
be solved conveniently in the digital signal processor 14 
because the coefficient matrix again consists of prede- 
termined constants. Once the matrix is inverted and 
stored, it can be used for subsequent offset estimations. 

(2) Inherent signal properties: A common form of 
radio signal processed by zero-IF or IQ receivers is a 
constant-envelope, modulated signal which varies only 
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in phase, not amplitude. The signal locus in the complex 
plane describes a circle in which n-v^. 

fi+Q^=R^; A flow chart of the program control followed by the 

S digital signal processor 14 to implement the integration 
where R=the radius of a circle and is a constant The function is illustrated in FIG. 3(e). In block IQO, the 
unknown offsets in the I and Q channels displace the integration value u is preset to an initial value in this 
center of this circle away from the origin (0, 0). Estimat- case uo is preset to 0. The sample count variable i is also 
ing the offset from a set of observed points ai» Ql). (12, preset to 0. Control proceeds to block 102 where the 
Q2) ... is accomplished by first determining the equa- lo digital output v/is read from the analog-to^ligital con- 
tion of a circle that best fits the observed points. The verter 33. The sample variable count is incremented by 
vector distance of the center of the best fit circle from 1. The digital integration is performed in block 1(W by 
the origin provides the necessary offset. This problem adding the current digital sample v/ to the previous 
can also be solved numerically in digital signal proces- integration value u,*_ i to generate the current integra- 
sor U (DSP) using least-squares fitting techniques. 15 tion value u/. A decision is made in block 106 to deter- 

Many other forms of signals have inherent properties mine if enough samples have been accumulated. If not, 
than can be processed to determine the offset value. the flow control returns to block 102. If enough samples 
While some may have advMtages in aspects such as have been accumulated, control proceeds to block 108 
insensitivity to noise, the precise property used depends where several of the digital integration values uo,'ui, U2 
on a number of design factors speciflc to the particular 20 are correlated with a known pattern or inherent signal 
application. characteristic. Based on this correlation, the estimate of 

FIGS. Hay^d) show several different embodiments the DC offset Vf is determined in block 110, Finally, in 
for implementing the differentiation and integration block 120, the integrated sample values u,-are corrected 
functions of the block diagram circuit shown in FIG. to remove the estimated DC offset V^. 
^(o)- 25 The advantage of digital integration is that the mte- 

FIG, 3(a) illustrates an analog implementation of the gration may be preset with an exact, predetermined 
differentiating and integration functions using opera- start value and does not suffer from noise or switching 
tional amplifiers. An analog differentiator 10 includes a transients associated with the analog reset circuits, 
capacitor lOa in series with an operational amplifier lOZr, Moreover, the resetting can be accomplished partially 
having a resistive feedback loop 10c. After amplifica- 30 to any desired value other than zero. Another advan- 
tion, the signal is fed to a simple integrator 12 composed tage of a digital implementation is the offset estimates 
of a feedback capacitor 12^ in parallel with an opera- can be continuously updated during a continuous signal 
tional amplifier 12c. A reset switch 12a is used to initial* sequence rather than requiring a specific starting point 
ize the capacitor I2b voltage to zero at the beginning of to be identified. 

a signal sequence. 35 In another preferred embodiment of the invention, 

^FIG. 3(^) shows an implementation of the differenti- the differentiation procedure followed by an analog-to- 
ating and integrating circuit using only a single opera- digital conversion may be implemented using a delta 
tional amplifier. A capacitor lOd essentially differenti- modulation technique. Delta modulation is a type of 
ates the incoming signal by blocking pC voltage. The predictive quantitizing system equivalent to a one-digit 
capacitor lOtf output is then fed to an analog integrator 40 differential pulse code modulation system. Such systems 
12 of the type shown in FIG. 3(fl). are based on transmission of the quantified difference 

FIG, 3(c) illustrates the use of a "chopper" technique between successive sample values rather than of the 
to accomplish the same ends. In the chopper technique, samples themselves. Consequently, a delta modulator 
a single capacitor 20 performs both differentiation and estimates or predicts the input signal value based on the 
integration. A blocking capacitor 20 connected in series 43 previously transmitted sequence of signals. A benefit of 
with infinite impedance amplifiers 21,22 generates only this technique is that only changes in the input voltage 
a change in the DC level of the input signal. That are digitized. 

change equals the initial charge on the capacitor 20. The principles of operation of delta modulation are 
The capacitor therefore functions as the mathematical described in coiyunction with FIG. C(a). An input sig- 
equivaleni of differentiation followed by integration 50 hal S is fed to a comparator 00. The other input to the 
which introduces an arbitrary constant shift in the DC comparator 40 is the feedback output of an integrator 
portion of the input signal. 42. The output of the comparator 40, either a digital " 1 " 

A preferred method of differentiating and integrating or "0", is latched in a D-type flip-flop 41 at the falling 
for many applications is shown in FIG. Z(d). The differ- edge of every clock pulse CP. The digital bit sequence 
entiation is carried out by an analog differentiator 10 55 output from the flip-flop 41 is fed back through a switch 
similar to that shown in FIG. 3(fl). The signal is then 44 having a positive or a negative current step connec- 
converted to digital form via an A-to-D converter 13. tion to the integrator 42. 

The integration function of the integrating circuit 12 is In operation, the comparator 40 detects a change in 
performed numerically by the digital signal processor the input signal S relative to the integrator 42 feedback 
14 using well known accumulation techniques. After a 60 signal I and outpuU a digital "1" when the amplitude of 
certam time period, the accumulated resuh is propor- S exceeds I and a digital "C* when S is less than I. Be- 
tional to the sum of all elementary contributions applied cause the comparator 40 detects the change in signals^ it 
to the input during the integration time, plus the original effectively functions as a differentiator detecting only 
starting value of the integrator/accumulator. For exam- changes in the value of the signal. The flip-flop 41 con- 
pie, if u(t)=the integral of v(t) dt, where v(t) is the 63 verts the output of the comparator 40 into a digital bit 
differentiated input signal, then for digitally converted stream through a regular clock pulse CP. Thus, the 
inputs (vl, v2. v3 . . , Vn), the integrated signal u(t) can comparator 40 and flip-flop 41 perform the function of 
be approximated using the following: an analog-to-digiul converter. The flip-flop 41 controls 
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whether the current step inputs to the integrator 42 integrator or accumulator. If the accumulator is initial- 
ramp the integrator output value up or down. A digital ized to 0 and the true signal value before corruption by 
•'I" causes the switch 44 to select a positive current the addition of the D.C. offset was indeed 0, then the 
step. Conversely, a digital **0" causes the switch to true signal will be perfectly reproduced without the 
select a negative current step. 5 D.C. offset. However, if the accumulator is initialized to 

The bit stream output from the flip-flop 41 essentially 0 and the true signal level is not 0 but some value, say 10 
represents the time derivative of the input signal S in micro-volts, then this 10 microvoU error will appear as 
digital form. Therefore, if the rate at which the decision a — 10 microvolt offset or shift of the whole signal wave 
to change the polarity sign of the current step is suffi- fonn after integration. It should be noted again that the 
ciently high, the output value from the integrator 42 10 value of this error has been limited to the same order of 
will be forced to follow the input signal quite closely. magnitude as the desired signal, and therefore, can be 
The output sequence from the flip-flop 41 may re- handled in the digital signal processor 14 without satu- 
quire further amplification in an amplifier 49. However, ration or clipping by estimating the value of the offset 
a large part of the total system gain may be achieved in during a period of Imown, transmitted signal patterns, 
the comparator 40 so that amplification of the signal 15 For example, if the true signal that is transmitted was 0 
elsewhere may be reduced. A good system design at- for several periods in the middle of a message transmis- 
tempts to minimize the amplification needed prior to sion, but after integration a value in the middle of the 
comparison by using a sensitive comparator because the wave form sequence of — 13.5 microvolts was obtained, 
prior gain stages have no protection against saturation then it would be apparent that the differentiating-inte- 
from strong signal levels. 20 gration operation introduced an error of — 13.5 micro- 

After suitable amplification in an amplifier 49, each volts. Accordingly, a value equivalent to 13.5 micro- 
bit in the bit stream output can be characterized as an volts would be added to all of the digitized samples of 
UP/DOWN command which can be monitored by an the wave form before further processing, 
up/down counter 50, with a 1 corresponding to up and Referring to the circuit of FIG. Mf>), a shift register 
a 0 corresponding to down. Because the counter accu- 25 45 stores the three most recent outputs from the flip- 
mulates the positive and negative changes of the input flop 41. If desired, more or less outputs could be stored 
signal S with respect to the previous signal value, it in a shift register having the desired number of bits. An 
performs the function of the integrating circuit 12 digi- adaptive circuit 4^ receives three bit signals stored in 
ully, i.e., it reintegrates the signal. The count value is the shift register 45 and one bit signal from the flip-flop 
equivalent to the integrated value plus some offset 30 41. Based on the results of the comparison in compara- 
equivalent to the arbitrary constant of integration re- tor 40, the adaptive circuit 46 outputs a positive or 
ferred to in previous embodiments. negative current step value to the digital integrator 42. 

There are two types of delta modulation, linear and From these four bit value signals, the adaptive circuit 
adaptive. In linear modulation, the value of the input 46 determines whether to vary the value of the current 
signal at each sample time is predicted to be a particular 35 step input to the integrator 42. For example, if the four 
linear function of the past values of the signal. In adapt- bit values are 1 1 11, this indicates that the integrator 42 
ive delta modulation, the value of the input signal at is not keeping pace with the increasing value of the 
each sample time is predicted to be a nonlinear function incoming signal. Thus, when such a pattern is detected, 
of the past values of the signal. Introducing nonlinear the value of the positive current step is increased. On 
prediction into delta modulation provides a useful 40 the other hand, if the four bit values are 0 0 0 0, the 
means of extending the range over which the system value of the negative current step is increased. In the 
yields its optimum performance. situation where the register stores 1 0 1 0, a decision 

FIG. 4(6) demonstrates the principle of an adaptive may be made by the adaptive circuit 46 that the step 
delta modulator. One of the benefits of this adaptive values are too large or coarse. The magnitude of the 
technique is that by integrating common companding 45 step value for both the positive and negative steps can 
techniques with delta modulation, the current step then be decreased. 

value input to the integrator 42 can adapt itself to the The adaptive circuit 46 may be a conventional micro- 
signal level being digitized. If the signal consists of a processor. The software for implementing the adaptive 
small varying part to be observed plus a large non-vary- functions may be, for example, a well-known adaption 
ing part, e.g., the D.C offset component, the system 50 algorithm used in continuously variable slope delta 
will initially produce an up-up-up or a down-down- modulation systems (CVSD) for speech coding. This 
down sequence of adjustment steps to the integrator 42 algorithm consists of increasing the step size by a given 
until the mean voltage equals the large, non-varying amount whenever N-like bits appear sequentially at the 
part of the input voltage. At that point, if there is no output of the shift register 45. N is typically 3 or 4 for 
varying portion of the input signal, the sequence output 55 speech coding purposes. For example, if N equals 4, the 
would become 10 10 10 10 causing the size of the step sizes increase whenever the sequence 1 1 1 1 or 0 0 
up-down steps to collapse and leaving the integrator 0 0 appears, indicating the system is not responding fast 
mean voltage centered on the large non-varying portion enough to drive the integrator 42 to follow the signal, 
of the input voltage. When the step size has collapsed to Accordingly, the microprocessor or adaptive cirpuit 46 
the level of the small varying part of the signal, the 60 would increase the step size, rate, or slope by a prcde- 
output bit sequence will depend only on the varying termined value. Conversely, when the sequences 000 0 
part of the signal. Thus, the large, undesired D.C. com- or 1 1 1 1 are not output from the shift register 45, the 
poncnt is inherently differentiated using this process. step size is allowed to decrease by exponential decay. 

In the integration process after delu modulation, the An alternative algorithm may also be implemented by 
effect of differentiating the varying component of the 65 the adaptive circuit 46 as published by V. D. Mytri and 
input signals is cancelled restoring the original nature of A. D. Shivaprasad, International Journal of Electron- 
the signal. However, the D.C. offset that is restored ics, 1986, Volume 61, No. 1, pp. 129-133. This algo- 
depends on the initial value that is stored in the digital rithm changes the step size depending on the N last bits 



02/20/2004, EAST Version: 1.4.1 



•9 



5,241,702 



in a more general way. For example, if N equals 4, 16 
different step sire amounts for changing the step size 
may be iselected according to the recent history of the 
four output bits. These 1 6 step size amounts are precom- 
puted to optimize the system performance in terms of 5 
quantifying noise and reaction time to sudden increases 
in the signal level and may be stored, for example, in a 
look up table that is addressed by the four most recent 
bits. 

Variance of the current step value is a form of auto- lo 
matic gain control (AGC) that adapts the quantitizing 
steps to match the received signal level. As a result, the 
integrator 42 must be incremented or decremented by a 
digital number corresponding to the step value rather 
than +1 or —1. However, the step value is simply a 15 
function of the most recent output bit sequence and is 
readily deterrnuied by the adaptive circuit 

In multi-channel systems, such as the two channel, 
system of a zero-IF receiver, it is advantageous to use 
the same value of the current step value for each chan- 20 
nel. FIG. 4(c) illustrates the use of the adaptive delU 
modulation technique in a zero-IF receiver. Each chan- 
nel signal is input to its respective delta modulator 47a, 
476 similar to that shown in FIG. 4(fl). As discussed 
with regard to FIG, 4(6), the output bit sequence from 25 
each modulator is input to a corresponding shift register 
45tf, 456 which stores the most recent bits in the output 
sequence. The shift register outputs are input to a joint 
step-size adaptive circuit The adaptive circuit 48 
determines the value of the current step to be input to 30 
the integrating circuit 42 of each channel based on the 
past bit sequence history of both channels. Jointly 
adapting the step value for each channel preserves the 
relative scaling of thcl and Q channels which simplifies 
later computations of phase or frequency. 35 

FIG. 4(</) shows the components of FIG. 4(c) and 
estimating means US, memory 16, and subtracting means 
17 for estimating the DC offset and removing it as de- 
scribed above in connection with FIGS. 2(6) and 3(q- 

ym 40 

Although the present invention has been described 
with respect to single and two-channel systems, the 
principles of the invention apply equally as well to 
systems having more than two or N channels of opera- 
tion. 45 

The invention has been described in terms of specific 
embodiments to facilitate understanding. The above 
embodiment^ however, are illustrative rather than limi- 
tative. It will be readily apparent to one of ordinary skill 
in the art that departures may be made from the specific 50 
embodiments shown above without departing from the 
essential spirit and scope of the invention. Therefore, 
the mvention should not be regarded as being limited to 
the above examples, but should be regarded instead as 
being fully commensurate in scope with the following 55 
claims. 

I claim: 

1, In a radio receiver, an apparatus for compensating 
for DC offset in a signal comprising: 
means for generating a channel signal from a received 60 
radio signal; 

blocking means for blocking a DC component of the 

channel signal; 
amplifying means, connected to said blocking means, 

for amplifying a signal output from said blocking 65 

means and producing an amplified signal; 
restoring means, connected to said amplifying means, 

for restoring said DC component to said amplified 
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signal, said restoring means having an output for a 
restored signal including said amplified signal and 
said DC component; 
means, connected to the output of said restoring 
means, for estimating an error in the DC compo- 
nent; 

memory means, connected to said restoring means, 
for storing the restored signal; and 

subtracting means, connected to said estimating 
means and said memory means, for subtracting the 
error from the restored signal to produce a com- 
pensated restored signal, said subtracting means 
having an output for the compensated restored 
signal. 

2. The apparatus as defined in claim S, wherein said 
estimating means includes a digital signal processor for 
determining the error based on a predetermined signal 
pattern in the received radio signal. 

3. The apparatus as defined in claim 3, wherem said 
estimating means includes a digital signal processor for 
determining the error based on an inherent waveform 
characteristic of the received radio signal. 

4. The apparatus as defined in claim 1, wherein the 
blocking means includes a delta modulator for blocking 
DC signal components and digitizing the chamie] sig- 
nal. 

5. In a radio receiver, an apparatus for compensating 
for DC offset in a signal comprising: 

means for generating a channel signal from a received 
radio signal; 

means for difiFcrcntiating the channel to eliminate a 
DC component in the channel signal; 

means for amplifying a signal output from said differ- 
entiating means and producing an amplified signal; 

means for integrating the amplified signal to thereby 
recover said DC component; 

estimating means, connected to an output of said 
integrating means, for generating an estimate of an 
error in the rccoveried DC component; 

memory means, connected to said integrating means, 
for storing a restored signal output from said inte- 
grating means, wherein the restored signal includes 
the amplified signal and the recovered DC compo- 
nent; and 

means for subtracting the estimate of the error in the 
recovered DC component from the restored signal 
to produce a compensated restored signal. 

6. The apparatus as defmed in claun 5, wherein both 
said differentiating and integrating means consist of a 
single capacitor. 

7. The apparatus as defined in claim 5, further com- 
prising: 

an analog-to-digital converter for converting the 
output from said amplifying means to digital sig- 
nals, and said integrating means includes means for 
numerically integrating the digital signals output 
from said analog-to-digital converter. 

8. The apparatus as defmed in claim 7, wherein said 
differentiating means and said analog-to-digital con- 
verter include a delta modulator. 

9. The apparatus as defined in claim S, wherein said 
estimating means includes a digital signal processor for 
determining the Ktimate of the error in the recovered 
DC component based on a predetermined signal pattern 
in the received radio signal. 

JO. The apparatus as defined in claim 3, wherein said 
estimating means includes a digital signal processor for 
determining the estimate of the error in the recovered 
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DC component based on an inherent characteristic of 
the received radio signal. 

HI. A radio receiving apparatus for receiving an RF 
signal and applying said RF signal to first and second 
quadrature channels, comprising: ^ 

a local oscillator; 

first and second mixers, associated with said first and 
second quadrature channels, respectively, each 
having one input for receiving said RF signal and a 
second input for receiving from said local oscillator 
sinusoidal signals at a carrier frequency of said RF 
signal; 

first and second differentiating means for respectively 
difTerentiating outputs from said first and second 
mixers in order to eliminate DC offset components 
generated by imbalances between said first and 
second mixers; 

first and second amplifying means for respectively 
amplifying outputs fi-om said first and second dif- -q 
ferentiating means; and 

first and second integrating means for respectively 
integrating outputs from said first and second am- 
plifying means to restore DC offset components of 
said outputs from said first and second mixers. 25 

12. The apparatus as defined in claim 11, further com- 
prising: 

means, connected to outputs of said first and second 
integrating means, for estimating errors in said 
restored DC offset components; 30 

memory means, connected to said first and second 
integrating means, for storing signals from said first 
and second integrating means; and 

means for combining said errors with said stored 
signals to produce an error-free output signal. 35 

13. The apparatus as defined in claim 12, wherein said 
first and second differentiating means and said first and 
second integrating means each respectively consist of a 
single capacitor. 

14. The apparatus as defined in claim 11, wherein said ^ 
first and second differentiating means include a delta 
modulator for differentiating the outputs of said first 
and second mixers and for digitizing the differentiated 
outputs. 

15. The apparatus as defined in claim 14, wherein said 
first and second integrating means include a digital 
signal processor for numerically integrating the outputs 
from said first and second amplifiers. 

16. The apparatus as defined in claim 12, wherein said 
estimating means includes a digital signal processor for 
determining said errors in the restored DC offset com- 
ponents based on a predetermined signal pattern in the 
received RF signal. 

11. The apparatus as defined in claim 12, wherein said 
estimating means includes a digital signal processor for 
determining said errors in the restored DC offset com- 
ponents based on an inherent characteristic of said re- 
ceived RF signal. 

18. In a radio receiver, an apparatus for compensating 
for DC offset in a received signal, comprising: 
comparator means for comparing a received signal 
with a feedback signal and for generating a first 
digital value if said received signal exceeds said 
feedback signal and a second digital value if said 65 
received signal is less than said feedback signal; 
memory means for storing a sequence of digital val- 
ues output from said comparator means; 
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deciding meaiis, connected to said memory means, 
for receiving said sequence of digital values and for 
deciding a current step value; 

fini integrating means for integrating current step 
values received from said deciding means and for 
generatuig said feedback signal; and 

second integrating means for integrating said digital 
values received from said memory means in order 
to restore DC components^f said received signal. 

19. The apparatus according to claim 18, wherein said 
digital values represent the digitized derivative of said 
received signal. 

20. The apparatus according to claim 18, wherein said 
second integrating means includes an up/down counter 
means for counting up when a first digital signal is re- 
ceived and down when a second digital signal is re- 
ceived. 

21. The apparatus according to claim 18, wherein said 
current step values are positive and negative step values 
based on said sequence of digital values, 

22. The apparatus according to claim 21, wherein said 
deciding means increases and decreases the magnitude 
of said positive and negative step values based on prede- 
termined patterns in said sequence. 

23. A radio receiving apparatus for receiving an RF 
signal and applying said RF signal to first and second 
quadrature channels, comprising: 

means for receiving said RF signal and separating 
said RF signal into first and second quadrature 
signals; 

first and second comparator means for comparing 
said first and second quadrature signals with first 
and second feedback signals respectively, and for 
generating a first digital value if said received sig- 
nal exceeds said feedback signal and a second digi- 
tal value if said received signal is less than said 
feedback signal; 

first and second memory means for storing corre- 
sponding sequences of said digital values generated 
by said first and second comparator means, respec- 
tively; 

first and second deciding means, connected to said 
first and second memory means, for receiving said 
sequences of digital values and for deciding a joint 
current step value; 

first and second integrating means for integrating 
joint current step values received from said decid- 
ing means and for generating said first and second 
feedback signals which are sent to said first and 
second comparator means, respectively; and 

first and second reintegrating means for reintegrating 
said corresponding digital values received from 
said first and second memory means in order to 
restore DC components of said received signal. 

24. A radio receiver for receiving an RF signal and 
applying said RF signal to plural channels, comprising: 

means for receiving said RF signal and separating 
said RF signals into a plurality of channels signals; 

plural delta modulating means for receiving respec- 
tive channel signals, each delta modulating means 
generating a digital output; 

plural memory means for storing digital sequences of 
digital outputs from corresponding ones of said 
plural delta modulating means; 

adaptive means, connected to said plural memory 
means, for adapting step value signals transmitted 
back to corresponding ones of said plural delta 
modulating means; and 
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plural reintegrating means for integrating a corre- 
sponding digital output received from correspond- 
ing ones of said plural memory means in order to 
restore DC components of said channel signals. 

25. The apparatus according to claim 24, wherein said 
step value signals are identical for each delta modulate 
ing means and any adaptation by said adaptive means is 
uniformly applied to said step value signals. 

26. The apparatus according to claim 24, wherein 
each of said plural delta niodulating means includes: 

comparator means for comparing a respective chan- 
nel signal with a feedback signal and for generating 
a first digital value if said RF received signal ex- 
ceeds said feedback signal and a second digital 
signal value if said received RF signal is less than IS 
said feedback signal in order to restore DC compo- 
nents of said channel signal; 

clock means for generating a clock pulse; 

latch means, connected to said clock means, for latch- 
ing a sequence of digital values output from said 20 
comparator means at each clock pulse; 

deciding means, connected to said latch means, for 
receiving said sequence of digital values and for 
deciding a current step value; 

integrator means for integrating current step values 23 
received from said deciding means and for output- 
ting said feedback signal to said comparator means. 

27. A radio receiver as defined in claim 24, further 
comprising: 

plural means, connected to ^id plural reintegrating 30 
means, for estimating errors in the restored DC 
offset components; 

plural memory means, connected to said plural reinte- 
grating means, respectively, for storing signals 
from said plural reintegrating means; and 

plural means for algebraically combining said errors 
in the restored DC offset components with said 



stored signals to produce compensated restored 
signals. 

28. The apparatus as defined in claim 27, wherein said 
plural estimating means include processing means for 
determining said errors in the DC offset components 
based on a predetermined signal in said received RF 
signal. 

29. The apparatus as defined in claim 27, wherein said 
estimating means include processing means for deter- 
mining said errors in the DC components based on an 
inherent characteristic of said received RF signal. 

30. A method for compensating for DC offset in a 
signal received in a multichannel RF receiver, com- 
prising: 

comparing a received signal with a feedback signal 
and generating a first digital value if said received 
signal exceeds said feedback signal and a second 
digital value if said received signd is less than said 
feedback signal; 
storing a sequence of said digital values produced in 

said comparing step; 
determining a current step value based on said se- 
quence of digital values; 
integrating said current step value and generating 

said feedback signal; and 
reintegrating said digital values stored at said storing 
step in order to restore DC components of said 
received signal. 

31. The method according to claim 30, further com- 
prising: 

increasing the magnitude of said current step value 
based on predetermined patterns of said sequence. 

32. The method according to claim 30, further com- 
35 prising decreasing the magnitude of said current step 

value based on predetermined patterns of said sequence. 
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